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DETAILED ACTION 
Response to Amendment 

1. In response to the office action from 8/3 1/2004, the applicant has submitted an 
amendment, filed 12/20/2004, amending claims 1, 3-4, 8, 41, and 52-56, while adding claim 58, 
canceling claim 7, and arguing to traverse the art rejection based on the limitation regarding the 
adjustment of a gain factor after applying the gain to a speech sample (Amendment, Pages 16- 
17). The applicant's arguments have been fully considered but are moot with respect to the new 
grounds of rejection in view of Kong (U.S. Patent: 4,829,572). 

2. Based on the amendments to the title, the examiner has withdrawn the previous objection 
regarding a non-descriptive title. 

3. Due to the terminal disclaimer filed on 12/20/2004, the examiner has withdrawn the 
previous obviousness-type double patenting rejection. 

Response to Arguments 

4. The applicant's arguments regarding the 35 U.S.C. 112, first paragraph rejection directed 
towards a lack of enablement, are convincing, and thus, that rejection has been withdrawn. 
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5. The applicant's arguments regarding the adjustment of a gain factor after applying the 
gain to a speech sample (Amendment, Pages 16-17) have been addressed in the new grounds of 
rejection in view of Kong (U.S. Patent: 4,829,572), which was necessitated by the claim 
amendments. Also, in response to applicant's argument that the references fail to show certain 
features of applicant's invention, the examiner notes that the features upon which applicant relies 
(i.e., feedback used for gain adjustment, Page 18) are not recited in the rejected claim(s). 
Although the claims are interpreted in light of the specification, limitations from the specification 
are not read into the claims. See In re Van Geuns, 988 F.2d 1 181, 26 USPQ2d 1057 (Fed. Cir. 
1993). 



Claim Rejections - 35 USC §103 



6. The following is a quotation of 35 U.S.C 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set forth in 
section 102 of this title, if the differences between the subject matter sought to be patented and the prior art are 
such that the subject matter as a whole would have been obvious at the time the invention was made to a person 
having ordinary skill in the art to which said subject matter pertains. Patentability shall not be negatived by the 
manner in which the invention was made. 



7. Claims 1-6, 20, 21, and 25-40 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Lindemann et al (U.S. Patent 6,097,824 of WO 98/56210) in view of Kong (U.S. Patent: 
4,829,572). 

With respect to Claim 1, Lindemann discloses: 
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First instructions for separating the original sampled signal into a plurality of signal 
components each corresponding to one of a plurality of frequency bands (filtering an audio 
signal into a plurality of frequency bands, Col 3, Lines 55-56); 

Second instructions for independently and dynamically controlling a dynamic range 
associated with each one of the plurality of signal components (dynamic range compression gain 
calculation and application, Col 5, Lines 40-46); 

Third instructions for modifying at least one signal level associated with the plurality of 
signal components (multiplying a band by a respective gain, Col 5, Lines 45-46); and 

Fourth instructions for combining the signal components into a processed sampled signal 
(summing scaled bands to generate an output signal, Col 5, Lines 46-47), 

Lindemann does not teach the use of an initial signal amplification and subsequent 
adjustment of the gain for each of a plurality of frequency bands, however Kong teaches the pre- 
amplification of a speech signal prior to band-specific automatic gain control processing, which 
utilizes an inherent threshold for determining what frequencies are the higher frequencies that 
require a faster attack time in gain control (Col 3, Lines 45-62). 

Lindemann and Kong are analogous art because they are from a similar field of endeavor 
in speech processing systems utilizing gain calculation. Thus, it would have been obvious to a 
person of ordinary skill in the art, at the time of invention, to modify the teachings of Lindemann 
with the use of pre-amplification and subsequent gain adjustment through automatic gain control 
as taught by Kong in order to provide substantial reduction of spectral tilt, thus improving speech 
signal quality (Kong, Col 3, Lines 59-62). 
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Neither Lindemann nor Kong specifically teaches method implementation using 
instructions stored on a computer readable medium, it would have been obvious to one of 
ordinary skill in the art, at the time of invention, to store the instructions for multi-band audio 
compression on a computer readable medium to increase method compatibility and usability by 
providing a means for method use with multiple computer systems. 

With respect to Claim 2, Lindemann further teaches filtering an audio signal into a 
plurality of overlapping frequency bands (Col. 5, Lines 32-33). Lindemann does not specifically 
disclose separating an audio signal into one of 3, 4, or 5 bands; however, it would have been 
obvious to one of ordinary skill in the art, at the time of invention, to divide the audio signal into 
one of 3, 4, or 5 bands since those specific band amounts fall within the scope of the plurality of 
overlapping frequency bands as disclosed by Lindemann as a matter of design choice since the 
applicant has not disclosed that dividing an audio signal into a specific 3, 4, or 5 frequency bands 
solves any stated problem. 

With respect to Claim 3, Lindemann discloses: 

The second instructions effect nonlinear control of a gain factor associated with each of 
the signal components (compression gain calculation for each band, based upon a power signal 
and according to a predetermined function, Col 5, Lines 40-46). 

With respect to Claim 4, Lindemann recites: 

The second instructions control the dynamic range associated with each of the signal 
components by applying a gain factor to each sample of each of the signal components 
(determining a dynamic range compression gain based for each frequency band, based upon 
respective band power signals, Col 5, Lines 40-46). 
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With respect to Claim 5, Lindemann teaches the use of an analog-to-digital converter for 
obtaining a digital audio signal, Col. 5, Lines 17-18, which is further divided into frequency 
bands, Col. 5, Lines 32-33. Lindemann does not specifically teach that a gain factor is adjusted 
every first number of samples, however, it would have been obvious to one of ordinary skill in 
the art, at the time of invention, that since the sampled signal is divided into frequency bands and 
a gain factor is calculated for each band based upon an associated estimated power signal, as 
applied to Claim 1, each band would contain a specific amount of samples, and thus, a gain 
factor would be calculated for every specific number of samples comprising a frequency band. 

With respect to Claim 6, Lindemann teaches the use of an analog-to-digital converter for 
obtaining a digital audio signal, Col 5, Lines 17-18, which is further divided into frequency 
bands (comprising a specific number of samples), Col. 5, Lines 32-33, each having an associated 
calculated dynamic range compression gain, as applied to Claim 5. Lindemann does not 
specifically teach that a gain factor is adjusted every 64 samples, however, it would have been 
obvious matter of design choice to calculate a dynamic range compression gain every 64 samples 
of an audio signal, since the applicant has not disclosed that calculating a gain every 64 samples 
solves any stated problem or is for any particular purpose. Also, adjusting the gain factor every 
64 samples would allow for sufficient level adjustment increments over an entire audio signal for 
perceptibility enhancement. 

With respect to Claims 20 and 21, Lindemann teaches the filtering an audio signal into a 
plurality of overlapping frequency bands (Col. 5, Lines 32-33), but does not specifically suggest 
dividing an audio signal into two or three bands (two way or three way crossover). However, the 
examiner takes official notice that it is well known in the art to divide an audio signal into any 



Application/Control Number: 09/927,578 Page 7 

Art Unit: 2655 

number of frequency bands as an obvious matter of design choice based on the user's desired 
level of accuracy, with a more detailed level of adjustment corresponding to increasing band 
numbers. Thus, it would have been obvious that an audio signal could be divided into any 
number of frequency bands, including two or three, based upon the user's desired level of sound 
level adjustment accuracy. Furthermore, the background of the invention specifies that multi- 
band compressors commonly consist of two or three frequency bands (Col 7, Lines 39-40). 

With respect to Claim 25, Lindemann and Kong teaches the dynamic range audio 
compressor as applied to Claim 1 . Lindemann and Kong do not specifically suggest device and 
method use with a digital audio transmission system, however, since Lindemann discloses the 
modification of digital audio data and the examiner takes official notice that it is well known in 
the art to transmit digital audio from a server in an application such as streaming audio for 
Internet radio, it would have been obvious to one of ordinary skill in the art, at the time of 
invention, to implement the audio processing method taught by Lindemann in a well-known 
application of digital audio usage in a digital audio transmission system to improve audio signal 
quality before transmission. 

With respect to Claims 26-30, Lindemann in view of Kong teaches the dynamic range 
audio compressor as applied to Claim 1 . Lindemann does not specifically suggest device and 
method use with a digital audio transmission system specifically featuring: a server platform in a 
WAN, a digital radio transmission platform, a cellular communication transmission platform, a 
cable television transmission platform, or a satellite television transmission platform, however, 
since Lindemann discloses the modification of digital audio data and the examiner takes official 
notice that the aforementioned platforms are well known platforms for the transmission of digital 
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audio data, it would have been obvious to one of ordinary skill in the art, at the time of invention, 
to implement the audio processing method taught by Lindemann in the aforementioned and well- 
known applications of digital audio transmission to improve audio signal quality before 
transmission. 

With respect to Claim 31, Lindemann in view of Kong teaches the dynamic range audio 
compressor as applied to Claim 1 . Lindemann does not specifically suggest device and method 
use with a digital audio receiving system, however, since Lindemann discloses the modification 
of digital audio data and the examiner takes official notice that it is well known in the art to 
receive digital audio from a server, in an application such as streaming audio for Internet radio 
using a computer, it would have been obvious to one of ordinary skill in the art, at the time of 
invention, to implement the audio processing method taught by Lindemann in a well-known 
application of digital audio usage in a digital audio receiving system to improve audio signal 
quality upon reception. 

With respect to Claims 32-36, Lindemann in view of Kong teaches the dynamic range 
audio compressor as applied to Claim 1 . Lindemann does not specifically suggest device and 
method use with a digital audio receiving system specifically featuring: a client platform in a 
WAN, a digital radio receiver, a portable cellular communication device, a cable television 
decoder, or a satellite television decoder, however, since Lindemann discloses the modification 
of digital audio data and the examiner takes official notice that the aforementioned devices are 
well known devices for receiving digital audio data, it would have been obvious to one of 
ordinary skill in the art, at the time of invention, to implement the audio processing method 
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taught by Lindemann in the aforementioned and well-known devices for digital audio reception 
to improve audio signal quality upon reception. 

With respect to Claims 37-40, Lindemann in view of Kong teaches the dynamic range 
audio compressor as applied to Claim 1 . Lindemann does not specifically suggest device and 
method use with portable digital audio devices such as CD and MP3 players; however, since 
Lindemann discloses the modification of digital audio data and the examiner takes official notice 
that portable audio devices such as MP3 or CD players are well-known devices utilizing digital 
audio data, it would have been obvious to one of ordinary skill in the art, at the time of invention, 
to implement the audio processing method taught by Lindemann in a well-known application of 
digital audio usage in a portable audio device such as an MP3 or CD player to improve audio 
signal quality. 

8. Claims 8-9, 12-19, 22-24, and 41-57 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Lindemann et al in view of Kong, and further in view of Allen et al (U.S. 
Patent: 5,524,148). 

With respect to Claim 8, Lindemann in view of Kong teaches the dynamic range audio 
compressor capable of calculating a dynamic range compression gain for each frequency band 
based upon an associated estimated power signal, as applied to Claim 4. Lindemann in view of 
does not teach adjusting a gain factor upward using a release rate and downward using an attack 
rate, however, Allen discloses: 

The gain factor is adjusted upward using a release rate parameter where each sample is 
below the threshold level, and downward using an attack rate parameter where each sample is 
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above the threshold level (threshold comparison, Col 8, Lines 12-27, an attack time for reducing 
compressor gain, and a release time for increasing compressor gain, Col 8, Lines 47-57). 

Lindemann, Kong, and Allen are analogous art because they are from a similar field of 
endeavor in audio signal processing. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to combine the use of an attack time for reducing 
compressor gain and a release time for increasing gain as taught by Allen with the dynamic range 
audio compressor capable of calculating a dynamic range compression gain for each frequency 
band based upon an associated estimated power signal as taught by Lindemann to implement a 
means (using attack and release times) for instantaneously reducing or increasing audio signal 
levels to provide increased perceptibility for fast-changing audio and prevent loud noises from 
being over-amplified. Therefore, it would have been obvious to combine Allen with Lindemann 
in view of Kong for the benefit of obtaining increased audio clarity, while preventing the over- 
amplification of noise signals by utilizing attack and release times, to obtain the invention as 
specified in Claim 8. 

With respect to Claim 9, Lindemann in view of Kong teaches the dynamic range audio 
compressor as applied to Claim 1 . Lindemann does not teach limiting the gain with respect to 
future samples, however Allen recites: 

The third instructions limit the at least one signal level with reference to a first number of 
future samples (peak detector that controls attack time to limit the gain, as applied to Claim 8, 
and peak detector consideration of a future input sample (y(n)=x(n) if x(n)>y(n-l)) to determine 
an attack time, Col. 8, Lines 47-64). 
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Lindemann, Kong, and Allen are analogous art because they are from a similar field of 
endeavor in audio signal processing. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to combine the use of future samples in determining an 
attack time to limit gain as taught by Allen with the dynamic range audio compressor as taught 
by Lindemann in view of Kong to prevent a sudden and prolonged noise signal from being over- 
amplified in the case that the noise signal should be situated at the start of an audio signal by 
considering future sample signal levels for further calculation of an attack time to limit gain. 
Therefore, it would have been obvious to combine Allen with Lindemann in view of Kong for 
the benefit of preventing the over-amplification of sudden and prolonged noise signals by 
considering future sample signal levels for further calculation of an attack time to limit gain, to 
obtain the invention as specified in Claim 9. 

With respect to Claims 12 and 13, Lindemann in view of Kong teaches the dynamic 
range audio compressor as applied to Claim 1 . Lindemann does not teach modifying a gain 
factor using an attack rate, however, Allen discloses: 

The third instructions implement an independent negative attack time limiter for 
application to each of the plurality of signal components from a sampled signal analog-to-digital 
converter for obtaining a digital audio signal, Col. 5, Lines 17-18, which is further divided into 
frequency bands, peak detector that controls an attack time in order to modify and limit gain for 
each frequency band, Col 8, Lines 48-56). 

Lindemann, Kong, and Allen are analogous art because they are from a similar field of 
endeavor in audio signal processing. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to combine an attack time implemented by a peak 
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detector to modify and limit gain within frequency bands of a sampled signal as taught by Allen 
with the dynamic range audio compressor to implement a means (using an attack time) for 
instantaneously reducing audio signal levels to prevent loud audio from being over-amplified. 
Therefore, it would have been obvious to combine Allen with Lindemann in view of Kong for 
the benefit of preventing the over-amplification of loud audio signals by utilizing an attack time 
applied to the associated gains of frequency bands of a sampled signal, to obtain the invention as 
specified in Claims 12 and 13. 

With respect to Claims 14 and 15, Lindemann in view of Kong teaches the dynamic 
range audio compressor as applied to Claim 1. Lindemann in view of Kong does not teach an 
additional step of applying preset gain factors to multiple frequency bands, however Allen 
discloses: 

Fifth instructions for applying at least one preset gain factor to at least one of the 
processed sampled signal and the plurality of signal components, wherein the at least one preset 
gain factor comprises a plurality of preset gain factors, each preset gain factor corresponding to 
one of the plurality of signal components (applying a predetermined low level gain, GL and 
predetermined high level gain, GH to subbands with appropriate energy levels, Col. 8, Lines 1- 
4). 

Lindemann, Kong, and Allen are analogous art because they are from a similar field of 
endeavor in audio signal processing. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to combine the application of multiple preset gains 
corresponding to various energy levels within specific subbands as taught by Allen with the 
dynamic range audio compressor as taught by Lindemann in view of Kong to provide for more 
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efficient audio processing by bypassing any type of necessary gain modification if audio levels 
within subbands can be sufficiently corrected, with respect to perceptibility, using preset gains. 
Therefore, it would have been obvious to combine Allen with Lindemann in view of Kong for 
the benefit of providing more efficient audio processing utilizing preset gains to bypass 
unnecessary gain modification when appropriate, to obtain the invention as specified in Claims 
14 and 15. 

With respect to Claim 16, Lindemann in view of Kong teaches the dynamic range audio 
compressor as applied to Claim 1 . Lindemann does not teach preset gain factors corresponding 
to multiple frequency bands, however Allen discloses: 

Multiple ones of the plurality of preset gain factors correspond to each of the plurality of 
signal components (high level predetermined gain, GH, corresponding to high energy frequency 
bands, and low level predetermined gain, GL, corresponding to low energy frequency bands, 
Col 8, Lines 24-27). 

Lindemann, Kong, and Allen are analogous art because they are from a similar field of 
endeavor in audio signal processing. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to combine the use of multiple predetermined gains 
corresponding to the energy levels of specific frequency bands as taught by Allen with the 
dynamic range audio compressor as taught by Lindemann in view of Kong to provide for more 
efficient audio processing by bypassing any type of necessary gain modification if audio levels 
can be sufficiently corrected, with respect to perceptibility, using preset gains corresponding to 
energy levels within specific frequency bands. Therefore, it would have been obvious to combine 
Allen with Lindemann in view of Kong for the benefit of providing more efficient audio 
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processing utilizing preset gains corresponding to signal levels within a subband to bypass 
unnecessary gain modification when appropriate, to obtain the invention as specified in Claim 
16. 

With respect to Claim 17, Lindemann in view of Kong, and further in view of Allen 
teaches the dynamic range audio compressor utilizing preset gains to alter signal levels within 
various frequency bands, as applied to Claim 16. Lindemann in view of Kong, and further in 
view of Allen does not specifically suggest the use of an inverse gain factor, however, it would 
have been obvious to one of ordinary skill in the art, at the time of invention, to utilize an inverse 
gain factor to correct for an unnecessarily applied gain (that over-amplifies an audio signal 
portion), by undoing the gain factor with its inverse. Therefore, to correct an inappropriate gain 
factor, it would have been obvious to implement an inverse gain factor to cancel out the 
frequency band gain. 

With respect to Claim 18, Lindemann in view of Kong, and further in view of Allen 
teaches the dynamic range audio compressor utilizing preset gains to alter signal levels within 
various frequency bands, as applied to Claim 16. Lindemann in view of Kong, and further in 
view of Allen does not specifically suggest applying a gain and then an inverse gain before and 
after a step of modifying a frequency band, however, it would have been obvious to one of 
ordinary skill in the art, at the time of invention, to cancel out a gain by applying an inverse gain 
to prevent undesirable audio amplification in the case that, after applying or modifying a gain, it 
was determined that the gain was inappropriately applied or modified and thus unnecessary (i.e., 
over-amplifying an audio signal portion). Therefore, to correct an inappropriate gain factor, it 
would have been obvious to implement an inverse gain factor, after the application of a gain 
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factor or modified gain factor to alter a signal level, to cancel out the frequency band gain to 
prevent undesirable audio amplification. 

With respect to Claim 19, Lindemann in view of Kong teaches the dynamic range audio 
compressor as applied to Claim 1 . Lindemann in view of Kong does not teach a first present 
gain factor applied to various frequency bands, however, Allen recites: 

The at least one preset gain factor comprises a first preset gain factor for applying to the 
processed sampled signal (high level predetermined gain, GH, corresponding to high energy 
frequency bands or low level predetermined gain, GL, corresponding to low energy frequency 
bands applied to a frequency band before modification, Col S, Lines 24-27), 

Lindemann, Kong, and Allen are analogous art because they are from a similar field of 
endeavor in audio signal processing. Thus, it would have been obvious to a person of ordinary 
skill in the art, at the time of invention, to combine the use of a high or low level predetermined 
gain applied to a frequency band before modification as taught by Allen with the dynamic range 
audio compressor taught by Lindemann in view of Kong in order to provide for more efficient 
audio processing by bypassing any type of necessary gain modification if audio levels within 
subbands can be sufficiently corrected, with respect to perceptibility, using preset gains. 
Therefore, it would have been obvious to combine Allen with Lindemann in view of Kong for 
the benefit of providing more efficient audio processing utilizing preset gains to bypass 
unnecessary gain modification when appropriate, to obtain the invention as specified in Claim 
19. 

With respect to Claim 22, Lindemann in view of Kong, and further in view of Allen 
teaches the dynamic range audio compressor utilizing preset gains (further altered using attack or 
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release times) to modify signal levels within various frequency bands and an inverse gain to 
cancel out an unnecessary gain that may produce undesirable audio effects, as applied to Claims 
8, 13, 15, 18, and 20. 

Lindemann, in view of Kong, and further in view of Allen does not specifically suggest 
the use of four two-way crossover blocks, five AGC blocks, and five NATL blocks, however, as 
noted above with respect to Claims 20 and 21, the examiner takes official notice that it is well 
known in the art to utilize any required number or type of filters (two-way crossovers- high and 
low pass filters), in stages, to divide and subdivide an audio signal into subbands, as a matter of 
design choice based on the user's desired level of accuracy, with a more detailed level of 
adjustment corresponding to increasing band numbers. Also, it would have been obvious to one 
of ordinary skill in the art that utilizing 4 two-way crossovers to divide and further subdivide an 
audio signal into subbands, would create 5 subbands, that would each require an associated gain 
and attack time, thus necessitating 5 AGC and NATL blocks. Therefore, as a matter of design 
choice, it would have been obvious to one of ordinary skill in the art, at the time of invention, to 
utilize any number or type of filters (4 two-way crossovers) in stages to divide and subdivide an 
audio signal into subbands (specifically, 5 in this case), based upon the user's desired level of 
sound level adjustment accuracy. 

With respect to Claim 23, Lindemann in view of Kong, and further in view of Allen 
teaches the dynamic range audio compressor utilizing preset gains (further altered using attack or 
release times) to modify signal levels within various frequency bands and an inverse gain to 
cancel out an unnecessary gain that may produce undesirable audio effects, as applied to Claims 
8, 13, 15, 18, and 20. 
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Lindemann in view of Kong, and further in view of Allen does not specifically suggest 
the use of two three-way crossover blocks, five AGC blocks, and five NATL blocks, however, as 
noted above with respect to Claims 20 and 21, the examiner takes official notice that it is well 
known in the art to utilize any required number or type of filters (three-way crossovers- high, 
bandpass, and low pass filters) in stages, to divide and subdivide an audio signal into subbands, 
as a matter of design choice based on the user's desired level of accuracy, with a more detailed 
level of adjustment corresponding to increasing band numbers. Also, it would have been 
obvious to one of ordinary skill in the art that utilizing 2 three-way crossovers to divide (creating 
3 bands) and further subdivide (creating 3 bands from one of the initially divided bands for a 
total of 5) an audio signal into subbands, would create 5 subbands, that would each require an 
associated gain and attack time, thus necessitating 5 AGC and NATL blocks. Therefore, as a 
matter of design choice, it would have been obvious to one of ordinary skill in the art, at the time 
of invention, to utilize any number or type of filters (2 three-way crossovers) in stages to divide 
and subdivide an audio signal into subbands (specifically, 5 in this case), based upon the user's 
desired level of sound level adjustment accuracy. 

With respect to Claim 24, Lindemann in view of Kong, and further in view of Allen 
teaches the dynamic range audio compressor utilizing preset gains (further altered using attack or 
release times) to modify signal levels within various frequency bands and an inverse gain to 
cancel out an unnecessary gain that may produce undesirable audio effects, as applied to Claims 
8, 13, 15, 18, and 20. 

Lindemann in view of Kong, and further in view of Allen does not specifically suggest 
the use of 1 two-way and 1 three-way crossover blocks, four AGC blocks, and four NATL 
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blocks, however, as noted above with respect to Claims 20 and 21, the examiner takes official 
notice that it is well known in the art to utilize any required number or type of filters (two-way 
crossover- high and low pass filters and three-way crossover- high, bandpass, and low pass 
filters) in stages, to divide and subdivide an audio signal into subbands, as a matter of design 
choice based on the user's desired level of accuracy, with a more detailed level of adjustment 
corresponding to increasing band numbers. Also, it would have been obvious to one of ordinary 
skill in the art that utilizing 1 two-way and 1 three-way crossover to divide (creating 2 bands) 
and further subdivide (creating 3 bands from one of the initially divided bands for a total of 4) an 
audio signal into subbands, would create 4 subbands, that would each require an associated gain 
and attack time, thus necessitating 4 AGC and NATL blocks. Therefore, as a matter of design 
choice, it would have been obvious to one of ordinary skill in the art, at the time of invention, to 
utilize any number or type of filters (1 two-way and 1 three-way crossover) in stages to divide 
and subdivide an audio signal into subbands (specifically, 4 in this case), based upon the user's 
desired level of sound level adjustment accuracy. 

Claims 41, 52, and 53 contain subject matter similar to Claims 1 and 8, and thus, are 
rejected for the same reasons. 

Claim 42 contains subject matter similar to Claims 26 and 32, and thus is rejected for the 
same reasons. 

Claim 43 contains subject matter similar to Claim 26, and thus is rejected for the same 
reasons. 
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Also, as noted above with respect to Claim 26, the examiner takes official notice that it 
would have been obvious to modify an audio signal at a server, prior to transmission, in order to 
provide a high quality audio signal to a receiving device (with limited processing means). 

Claim 44 contains subject matter similar to Claim 32, and thus is rejected for the same 
reasons. 

Also, as noted above with respect to Claim 32, the examiner takes official notice that it 
would have been obvious to modify an audio signal at a receiving device, upon reception, in 
order to provide a high quality audio signal to a listener (when a server features limited 
processing means). 

With respect to Claims 45 and 46, Lindemann in view of Kong and further in view of 
Allen teaches the dynamic range audio compressor as applied to Claim 41. Lindemann in view 
of Kong and further in view of Allen does not specifically suggest encoding the compressed 
audio signal in an MP3 format, however, the examiner takes official notice that it is well known 
in the art to encode an audio signal into a compressed audio format such as MP3, in order to 
conserve bandwidth, in a communication medium such as the Internet, and enable quicker access 
to the files due to decreased file size. 

Claims 47-50 contain subject matter similar to Claims 26, 28, 32, 34, 39, 40, and 46, and 
thus, are rejected for the same reasons. 

Claim 51 contains subject matter similar to Claim 40 (well-known MP3 player that 
utilizes a memory card for storing MP3 audio files), and thus is rejected for the same reasons. 

Claim 54 contains subject matter similar to Claim 22, and thus, is rejected for the same 
reasons. 
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Claim 55 contains subject matter similar to Claim 23, and thus, is rejected for the same 
reasons. 

Claim 56 contains subject matter similar to Claim 24, and thus, is rejected for the same 
reasons. 

With respect to Claim 57, Lindemann in view of Kong and further in view of Allen 
teaches the dynamic range audio compressor utilizing preset gains (fiirther altered using attack or 
release times) to modify signal levels within various frequency bands and an inverse gain to 
cancel out an unnecessary gain that may produce undesirable audio effects upon combination 
and playback, as applied to Claims 8, 13, 15, 18, and 20. 

Lindemann in view of Kong and further in view of Allen does not specifically suggest the 
use of two two-way crossover blocks, three AGC blocks, three NATL blocks, three preset gain 
blocks, and three inverse gain blocks, however, as noted above with respect to Claims 20 and 21, 
the examiner takes official notice that it is well known in the art to utilize any required number or 
type of filters (two-way crossovers- high and low pass filters) in stages, to divide and subdivide 
an audio signal into subbands, as a matter of design choice based on the user's desired level of 
accuracy, with a more detailed level of adjustment corresponding to increasing band numbers. 
Also, it would have been obvious to one of ordinary skill in the art that utilizing 2 two-way 
crossovers to divide (creating 2 subbands) and further subdivide (creating 2 subbands from one 
of the originally divided subbands for a total of 3) an audio signal into subbands, would create 3 
subbands, that would each require an associated gain and attack time, thus necessitating 3 AGC, 
NATL, gain, and inverse gain blocks. Therefore, as a matter of design choice, it would have 
been obvious to one of ordinary skill in the art, at the time of invention, to utilize any number or 
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type of filters (2 two-way crossovers) in stages to divide and subdivide an audio signal into 
subbands (specifically, 3 in this case), based upon the user's desired level of sound level 
adjustment accuracy. 

9. Claims 10 and 11 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Lindemann in view of Kong, in view of Allen et al and further in view of Mead et al (U.S. 
Patent: 6 ,044 ,1 62). 

With respect to Claims 10 and 11, Lindemann in view of Kong and further in view of 
Allen teaches the dynamic range audio compressor as applied to Claim 9. Lindemann in view of 
Kong and further in view of Allen n does not teach modifying the gain with respect to future 
samples and if a future sample exceeds a threshold, decreasing the gain in response, however 
Mead recites: 

The gain factor is decreased (automatic gain control featuring a digital bandpass filter 
having its output connected to its input, Col 3, Lines 35-3 9, thus considering future samples 
when adjusting gain) when application of the gain factor to the at least one future sample results 
in the at least one future sample exceeding a threshold (maximum acoustic intensity threshold 
that corresponds to an upper comfort level of sound, Col. 10, Lines 40-45). 

Although Mead does not specifically suggest decreasing a gain factor in the case of 
exceeding a threshold, it would have been obvious to one of ordinary skill in the art, at the time 
of invention, to decrease the gain factor after it has been applied to the first number of current 
samples, so that those future samples that exceed the threshold can be gain limited according to 
the acoustic intensity threshold taught by Mead while the first set of samples that may require 
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amplification can still be appropriately amplified in order to increase audio clarity without over- 
amplifying signal segments that may already possess a perceptible audio level. 

Lindemann, Kong, Allen, and Mead are analogous art because they are from a similar 
field of endeavor in audio signal processing. Thus, it would have been obvious to a person of 
ordinary skill in the art, at the time of invention, to combine the use of future samples in limiting 
and modifying gain of a present and future segment, including the case wherein gain reduction is 
applied to future samples that exceed a threshold, while still maintaining amplification of a lower 
level audio in a present segment as taught by Mead with the dynamic range audio compressor as 
taught by Lindemann in view of Kong and further in view of Allen to prevent a sudden and 
prolonged noise signal from being over-amplified in the case that the noise signal should be 
situated at the start of an audio signal by considering future sample signal levels to reduce an 
initial gain and gain limit subbands that exceed a threshold according to an acoustic intensity 
threshold while appropriately amplifying a first set of samples that may require amplification in 
order to increase audio clarity without over-amplifying signal segments that may already possess 
a perceptible audio level. Therefore, it would have been obvious to combine Mead with 
Lindemann in view of Kong and further in view of Allen for the benefit of increasing audio 
clarity without over-amplifying signal segments that may already possess a perceptible audio 
level, to obtain the invention as specified in Claims 10 and 11. 

1 0. Claim 58 is rejected under 35 U.S.C. 103(a) as being unpatentable over Lindemann in 
view of Kong, and further in view of Takeo et al (U.S. Patent: 6,014,474). 
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With respect to Claim 58 Lindemann in view of Kong, teach the ability to divide a signal 
into a plurality of frequency bands as applied to Claim 1, however do not suggest a means of 
obtaining frequency bands by using a plurality of cascaded low pass filters, however Takeo 
teaches such a well-known means (Col 81, Line 66- Col 82, Line 19). 

Lindemann, Kong, and Takeo are analogous art because they are from a similar field of 
endeavor in frequency-related signal processing. Thus, it would have been obvious to a person 
of ordinary skill in the art, at the time of invention, to modify the teachings of Lindemann in 
view of Kong with the use of cascaded low pass filters as taught by Takeo to provide a readily 
available and well known means for dividing an input signal into frequency bands at maximum 
frequency boundaries using a series of low pass filters (Takeo, Col 82, Lines 14-19). 

Conclusion 

1 1 . Applicant's amendment necessitated the new ground(s) of rejection presented in this 
Office action. Accordingly, THIS ACTION IS MADE FINAL. See MPEP § 706.07(a). 
Applicant is reminded of the extension of time policy as set forth in 37 CFR 1.136(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within TWO 
MONTHS of the mailing date of this final action and the advisory action is not mailed until after 
the end of the THREE-MONTH shortened statutory period, then the shortened statutory period 
will expire on the date the advisory action is mailed, and any extension fee pursuant to 37 
CFR 1 .136(a) will be calculated from the mailing date of the advisory action. In no event, 
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however, will the statutory period for reply expire later than SIX MONTHS from the date of this 
final action. 

12. The prior art made of record and not relied upon is considered pertinent to applicant's 
disclosure: 

Tajima et al (U.S. Patent: 4, 720,864)- teaches a speech pre-amplifier and subsequent 
gain adjustment utilizing an automatic gain control circuit. 

Forgues et al (U.S. Patent: 5, 708, 722)- teaches a variable gain amplifier having a 
feedback loop. 

13. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to James S. Wozniak whose telephone number is (571) 272-7632 
and email is James.Wozniak@uspto.gov. The examiner can normally be reached on Mondays- 
Fridays, 8:30-4:30. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Wayne Young can be reached at (571) 272-7582. The fax/phone number for the 
Technology Center 2600 where this application is assigned is (703) 872-9306. 

Any inquiry of a general nature or relating to the status of this application or proceeding 
should be directed to the technology center receptionist whose telephone number is (703) 306- 
0377. 



James S. Wozniak 
6/1/2005 




